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(57) Abstract 


A digital packet access network for transporting voice and data signals in the local loop between a central office location and a 
plurality of remote local users. The network architecture may also include: 1) a dual-pipelined structure for separately transporting the 
voice and data signals; 2) a mechanism for prioritizing the transport of the voice signals; or 3) a method of synchronizing the timing of the 
voice signals to a telephone switch. 
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Digital Packet Network for the Local Access Loop 

BACKGROUND O F THE INVENTION 
The present invention is related to the field of signal transmission in the local 
5 access loop between a central telephone office switching center and a plurality of 
local users. In particular, apacketized digital network architecture is provided that 
is capable of transporting high-quality voice and high-speed data packets between 
the central office and the plurality of users. This data-centric architecture provides 
many advantages over traditional voice-centric networks presently in use. 

1 0 Prior to the explosive growth in the public's demand for data services, such 

as dial-up Internet access, the local loop access network transported mostly voice 
information. This present access network typically includes numerous twisted-pair 
wire connections between the plurality of user locations and a central office switch. 
These connections can be multiplexed in order to more efficiently transport voice 

15 calls to and from the central office. The present access network for the local loop 
is designed primarily to carry these voice signals, i.e., it is a voice-centric network. 

Today, data traffic carried across telephone networks is growing 
exponentially, and by many measures may have already surpassed traditional voice 
traffic, due in large measure to the explosive growth of dial-up data connections. 

2 0 The basic problem with transporting data traffic over this voice-centric network, and 
in particular the local loop access part of the network, is that it is optimized for voice 
traffic, not data. The voice-centric structure of the access network limits the ability 
to receive and transmit high-speed data signals along with traditional quality voice 
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signals. Simply put, the access part of the network is not well matched to the type 
of information it is now primarily transporting. As users demand higher and higher 
data transmission capabilities, the inefficiencies of the present access network will 
cause user demand to shift to other mediums of transport for fulfillment, such as 
5 satellite transmission, cable distribution, wireless services, etc. 

An alternative present local access network that is available in some areas is 
a digital loop carrier ( U DLC") system. DLC systems utilize fiber-optic distribution 
links and remote multiplexing devices to deliver voice and data signals to and from 
the local users. DLC systems are synchronous networks that include a device known 

10 as a Time-Slot Interchanger ("TSI"). The TSI allocates the available bandwidth of 
the DLC system in "chunks," and maps incoming DS-0 PCM telephone circuits from 
a digital switch to the allocated chucks of bandwidth. Each DS-0 telephone line is 
a digital 64Kbps PCM-modulated link. (A DS-1 line comprises 24 DS-0 lines.) 
The utilization of system bandwidth in a DLC network is non-optimal 

15 because the TSI assigns and maps a particular number of DS-0 lines to the available 
bandwidth of the system, whether or not those lines are being actively used for voice 
information. The relatively constant mapping function of the TSI creates "stranded 
bandwidth," Le., bandwidth that is not being used by the system, and which cannot 
be reallocated to other links or users. By mapping the bandwidth in chunks to 

2 0 particular DS-0 lines, regardless of use, the TSI inevitably sets aside bandwidth that 
is unused by the system. Thus the TSI is non-optimal. In addition to this stranded 
bandwidth problem, the presently available DLC systems are complex, costly, and 
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do not scale very effectively, meaning that it is not easy to expand the DLC system 
once it has been implemented in a particular area. 

Another method of transporting voice and data in the local access loop is via 
a dial-up TCP/IP connection to the Internet. The dial-up connection to the Internet 
5 is created using a computer modem connection to a local Internet Service Provider 
("ISP") over the standard voice-centric access network. This technique layers a 
digital data packet protocol (TCP/IP) on top of the analog voice circuit connecting 
the central office switch and the local user. Data signals are transported as TCP/IP 
packets at speeds of 30-50 Kbps, assuming a standard 56Kbps modem is utilized. 

1 0 Voice signals can also be transported over this packet connection using a technique 
known as IP Telephony. 

IP Telephony is a software transport technique that digitizes the user's voice, 
compresses the digitized voice signals, and then packs the compressed digitized 
voice signals into TCP/IP packets for transport across the dial-up connection. The 

1 5 main problems with IP Telephony are processing overhead; poor sound quality; and 
packet delay. Because of the asynchronous nature of the TCP/IP connection to the 
Internet, voice packets can get lost or delayed in transit, leading to a garbled 
sounding voice signal. This is unacceptable for most telephone customers. 
Furthermore, because of the need to process and compress the speech signals, IP 

2 0 Telephony adds significantly delays to the voice connection. This further erodes the 
quality of the voice signal. In addition, it is presently not possible to operate a fax 
or modem connection over an IP Telephony link, which further limits its general 
applicability to the local access loop. 
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In summary, none of the presently available techniques for transporting voice 
and data signals in the local access loop are optimized for transporting both voice 
and data traffic. Therefore, there remains a general need in this art for a network 
architecture for simultaneously transporting high-quality voice and high-speed data 
5 signals in the local access loop. 

There remains an additional need for such a network architecture that is cost 
effective, scalable, bandwidth efficient, and is designed to evolve (or scale) as 
advances are made in digital packet switching hardware. 

There remains an additional need for such a architecture in which voice and 
10 data signals are packetized and transported in the local access loop using packet- 
switching hardware that is readily available, highly integrated and cost effective. 

There remains yet an additional need for a packet-switched local loop access 
system for transporting voice and data packets in which the voice packets are 
prioritized in order to ensure quality sound delivery. 
1 5 There remains yet another need for a method of time-synchronizing the voice 

packets in such a packet-switched local loop access system. 

SUMMARY OF THE INVENT IO N 
The present invention overcomes the problems noted above and satisfies the 
2 0 needs in this field for a digital packet data access network for transporting voice and 
data signals in the local loop between a central office location and a plurality of 
remote local users. This invention enables the transport of high-quality voice signals 
over a local access network that is optimized for data traffic. The network 
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architecture may include: (1 ) a dual-pipelined structure for segmenting the voice and 
data traffic and for separately transporting each on a different port; (2) a mechanism 
for prioritizing the transport of the voice signals; or (3) a method of synchronizing 
the timing of the voice signals to a central office switch. This architecture allows a 
5 telephone access network to be optimized for high-speed data transport, such as 
lObaseT lOmB/sec data traffic, while providing traditional high-quality 64Kbps 
PCM voice traffic. This architecture also avoids some of the inherent limitations of 
DLC systems, such as stranded bandwidth, by providing a virtual timeslot 
interchange based on packet addresses. 

1 0 One embodiment of the present invention provides a network for transporting 

voice and data signals in the local loop between a central office switch and a 
plurality of local users, comprising: (1) a first converter located at the central office 
for converting the voice and data signals into packets; (2) a second converter located 
remotely from the central office and in the vicinity of a plurality of the local users 

15 for converting the voice and data packets into voice and data signals; and (3) a 
packet-switched network connected between the first and second converters for 
transporting the voice and data packets to and from the local users. 

Another embodiment of the present invention provides a local loop access 
network, comprising: a central telephony gateway coupled to a plurality of 

2 0 information sources; a remote telephony gateway coupled to a plurality of user 
access devices; and a digital packet data network connected between the central 
telephony gateway and the remote telephony gateway for transporting information 
between the plurality of information sources and the local access devices. 
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Another embodiment of the present invention provides an access network for 
transporting voice and data signals between a plurality of local access devices and 
a central location, comprising: means for converting the voice and data signals 
generated by the local access devices into packets; packet network means for 
5 transporting the voice and data packets to the central location; and means for 
converting the voice and data packets transported by the packet network means into 
voice and data signals at the central location. 

A preferred method of the present invention provides steps for transporting 
voice and data signals in the local access loop, comprising the steps of: receiving 
1 0 voice and data signals at a central location; converting the voice and data signals into 
a common digital packet format; transporting the voice and data packets to a 
plurality of local access devices using a digital packet switched network; and 
converting the voice and data packets into voice and data signals at the local access 
devices. 

15 A more specific embodiment of the present invention provides a dual- 

pipeline digital packet data access network for transporting voice and data signals 
between a central office switch and a plurality of local access devices, comprising: 
a packet converter located at the central office switch for converting voice signals 
and data signals into a common digital packet format; a voice packet pipeline 

2 0 connected between the central office switch and the plurality of local access devices 
for transporting the voice signals; and a data packet pipeline connected between the 
central office switch and the plurality of local access devices for transporting the 
data signals. 
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Another, more specific method of the present invention provides steps for 
time-synchronizing voice signals in a local loop digital packet network connected 
between a central office location and a plurality of user access devices, comprising 
the steps of: deriving time-synchronization information from a local digital switch 
5 at the central office location on a periodic basis; converting the time synchronization 
information into a time synchronization packet; transporting the time 
synchronization packet to the plurality of user access devices; and locking the time 
clock of the local access device to the local digital switch using the time 
synchronization packet. 

10 The present invention provides many advantages over the voice-centric 

access networks currently in use today. Not all of these advantages are 
simultaneously required to practice the invention as claimed, and the following list 
is merely illustrative of the types of benefits that may be provided, alone or in 
combination, by the present invention. These advantages include: (1) significant 

15 cost savings over DLC systems; (2) solves the stranded bandwidth problem 
associated with DLC systems; (3) allows the access network to be optimized for data 
traffic; (4) provides one network that supports both high-quality voice and high- 
speed data transport; (5) avoids the voice compression and buffering delays 
associated with IP Telephony, thus providing much higher quality sound 

2 0 connections, including the ability to support high-speed modem and fax connections 
over the voice-packet link; (6) prioritizes voice traffic and creates separate voice and 
data packet pipelines in order to ensure quality voice delivery while simultaneously 
providing high-speed data packet access; (7) provides voice packet synchronization 
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in an asynchronous packet-switched network; and (8) the network structure builds 
upon high-performance packet-switching hardware and transport technologies that 
are scalable and that are rapidly evolving to permit faster and better packet-switching 
performance. 

5 These are just a few of the many advantages of the present invention, as 

described in more detail below. As will be appreciated, the invention is capable of 
other and different embodiments, and its several details are capable of modifications 
in various respects, all without departing from the spirit of the invention. 
Accordingly, the drawings and description of the preferred embodiments set forth 
1 0 below are to be regarded as illustrative in nature and not restrictive. 

BRIEF DESCRIPTION OF THE DRAWINGS 
The present invention satisfies the needs noted above as will become 
apparent from the following description when read in conjunction with the 
1 5 accompanying drawings wherein: 

FIG. 1 is block diagram of a preferred digital packet access network for the 
local loop; 

FIG. 2 is a more detailed bock diagram of one embodiment of the preferred 
digital packet access network for the local loop set forth in FIG. 1; 
2 0 FIG. 3 is a graph showing typical voice traffic over time in the local loop; 

FIG. 4 is a graph showing typical data traffic over time in the local loop; and 
FIG. 5 is a more detailed block diagram of the packet conversion and 
switching circuitry located at the central office. 
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nRTAILED DESCRIPTION OF THE DRAWINGS 
Referring now to the drawings, Figure 1 sets forth a block diagram of a 
preferred digital packet access network 10 for the local loop. This network includes 
at least one central telephony gateway 12, at least one remote telephony gateway 16, 
5 and a packet-switched access distribution network 14, which couples the central 
telephony gateway 12 to the one or more remote telephony gateways 16. The central 
telephony gateway 16 interfaces with one or more voice and data information 
sources, such as a TR-08 or TR-303 class 5 digital switch interface that carries DS-1 
voice traffic, or to an Internet data source, or some other type of data network. There 

10 is no limit to the type and number of voice and data information sources that could 
be interfaced to the central telephony gateway 12. 

Although the central telephony gateway 12 is preferably located at the central 
office switch location, it could, alternatively be located at some other central office 
location. In addition to providing the interface to the plurality of information 

1 5 sources 20, the central telephony gateway 12 converts at least the voice signals (and 
in some cases the data signals as well) into a common packet format, such as an 
Ethernet packet having MAC addresses (Medium Access Control), for transport over 
the packet-switched access distribution network 14. (Note that in some cases, the 
voice and data packets may already be in a format that is compatible with the local 

20 loop packet data network, in which case the central telephony gateway would not 
need to convert them into some compatible format.) Other types of packets could 
also be used, and are within the scope and teaching of the present disclosure. 
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Since the bandwidth of the network is shared by the numerous virtual 
connections established by the packetization of the voice and data signals and the 
assignment of packet addressing, the problem of stranded bandwidth associated with 
DLC systems is eliminated in the present invention. There is no need in the present 
5 invention to allocate a certain amount of bandwidth and assign it to particular circuit 
connections. The asynchronous packet structure of the present invention permits 
an (almost) infinite number of virtual connections that can be easily established and 
torn-down with little overhead. 

The access distribution network 14 is preferably an Ethernet network, but 

10 could, alternatively be any other type of packet-switched network. The Ethernet 
network routes the voice and data packets from the central telephony gateway 12 to 
the one or more remote telephony gateways 16 according to the assigned MAC 
addressing. Switching based on the MAC address is known as Layer-2 switching. 
Although switching and routing at Layer-2 of the OSI interconnect model is 

15 preferred in the present invention, the packets could, alternatively be routed at 
Layer-3 or Layer-4 assuming that appropriate Layer-3 or 4 switches/routers were 
included in the access distribution network 14. 

The one or more remote telephony gateways 16 are located in the vicinity of 
the local users (or customers) 18. Numerous local users 18 can be connected to the 

2 0 same remote telephony gateway 16. The primary purpose of the remote telephone 
gateway 16 is to route the voice and data packets to the appropriate user devices 
based on the packet addressing. Another purpose of the remote telephony gateway 
16 is to convert the voice and data packets back into voice and data signals that are 
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compatible with user devices, such as a telephone, fax machine, or computer, to 
name a few, which are generally located at the local user premises 18. (Note that in 
some cases the user access devices may be expecting voice and data packets that are 
compatible with the packet data network, in which case there would be no need to 
5 convert the packets into any other signals prior to routing them to the user access 
devices.) In terms of voice signals, the voice packets are preferably converted by the 
remote telephony gateway 16 back into Plain Old Telephone Service (POTS) signal 
levels. 

Because of the conversion back into POTS, or other voice and data signals 
10 that are compatible with standard user devices, the present invention 10 can operate 
as a drop-in replacement for the present voice-centric network. The customer (or 
user) should not have to purchase new user devices or equipment in order to 
communicate voice or data as previously communicated over the voice-centric 
network. The user can still make telephone calls, fax, create a dial-up modem 
1 5 connection, etc. In addition to these standard voice-centric services, the data-centric 
nature of the present invention provides high-speed symmetrical data connection at 
speeds in excess of lOMb/sec. In addition, the present invention opens up the 
possibility of an entirely new class of packet-oriented user devices, such as digital 
packet data telephones, fax machines, video-phones, or any other communication 
2 0 device that can directly communicate over the local loop packet data network. 

The general solution provided by the present invention presented several 
problems, such as: (1) how to map DS-0 PCM voice traffic into Ethernet packets (or 
frames) to support high-quality voice with minimum delay; (2) how to prioritize the 
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voice packets throughout the network to minimize frame-delay variations and 
eliminate frame loss for the voice traffic; and (3) how to synchronize the voice 
packets across the network in order to ensure quality voice service. Each of these 
problems has been solved by the system and methods of the present invention, as 

5 described in more detail below. 

Figure 2 sets forth a more detailed block diagram of one embodiment of the 
preferred digital packet access network for the local loop set forth in Figure 1 . This 
embodiment includes a dual-pipelined (or dual-ported) structure for separately 
transporting the voice and data packets between the central office 12 and the one or 

0 more remote cabinets 14 that contain packet switching circuitry 34, and which 
further connect to a plurality of local optical-network units 16 ("ONUs"), which are 
physically located near a plurality of local users. 

Between the central office equipment 12 and the remote cabinet 14, the data 
and voice packets are preferably transported on separate lines 30, 32, although, in 

5 an alternative embodiment described in more detail below, these separate lines could 
be combined using a technique known as wave-length division multiplexing 
("WDM"). The packets are segmented onto the separate lines at the central office 
12. The segmented voice and data packets are merged at the one or more remote 
cabinets 14 and switched to the appropriate ONU access device 16 over a single 

0 fiber connection 40. The voice packets are preferably given priority transmission 
between the remote cabinet and the plurality of optical network units 16 in order to 
avoid the problem of frame delay associated with data bursts, as described below in 
connection with Figures 3 and 4. 
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The network architecture 10 for transporting voice and data packets in the 
local loop shown in Figure 2 includes central office interfacing, converting and 
switching equipment 12, remote cabinet switching and multiplexing equipment 14, 
and local optical network unit distribution equipment 16. The central office 
5 interfacing converting and switching equipment includes one or more standard 
Ethernet switches 28, interface circuitry (not shown) for connecting the Ethernet 
switch to a data network, such as the Internet 22 or some other data network, and a 
voice interface circuit 24, 26 such as a Quad DS-l switch interface or a TR-303 
processor, for connecting the Ethernet switch 28 to a voice network 20 using 
1 0 standard protocols such as TR-08 or TR-303. The Quad-DS- 1 switch interface 24 
converts DS-0 PCM voice signals into voice packets for transport over the packet 
data network. 

The embodiment of the present invention set forth in Figure 2 includes two 
Layer-2 Ethernet switches 28 at the central office, one for the data packets and one 
15 for the voice packets. Alternatively, one switch with multiple ports could be used 
instead of two separate switches, and the actual switching operation could be made 
at other layers of the OSI model, such as Layer-3 or Layer-4, depending upon the 
application, and the technology embodied in the switching circuitry 28. The 
preferred packet map of the present invention set forth in Table 1, below, takes into 
20 account higher-layer switching by providing space for IP and UDP header 
~> information. ATM switching is also within the scope of the present invention. 

The architecture of the present invention is scalable from a simple 
installation consisting of one remote cabinet and a few ONU access devices to a 
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more complex system having multiple levels of multiple remote cabinets feeding 
multiple ONU devices. The scalability of the invention is provided by the 
modularity inherent to an Ethernet packet switching environment and the fact that 
each packet, voice or data, carries its own routing information and therefore can be 
5 easily directed to the correct destination ONU access device. Additional capabilities 
can be added to the system by simply adding more switches, hubs, etc., until the 
system has sufficient capacity. This scalability feature is a major advantage of the 
present invention over DLC architectures and other presently available voice-centric 
network structures. 

1 0 Table 1 , set forth below, shows the preferred mapping of PCM voice signals 

to Ethernet packets according to the present invention. Other data maps could also 
be used. The data packet includes 77 bytes. Bytes 0-5 and 6-11 correspond, 
respectively, to the destination and source MAC addresses. These addresses are 
used by the Ethernet switches to determine where to route a particular data packet. 

15 Bytes 12-13 indicate the packet type. The packet type indicates whether the packet 
is the original Ethernet packet type developed Digital, Intel and Xerox, or the IEEE 
version of the Ethernet packet. An IP Header and a UDP (User Datagram Protocol) 
header are stored at bytes 14-33 and 34-41, respectively. These fields are not 
required in the preferred embodiment in which the Ethernet switches route the 

2 0 packets using Layer-2 switching, but are reserved for advanced services which may 
include switching at Layer-3 and Layer-4. Byte 42 indicates the message type. Byte 
43 includes telephone signaling information, such as "off hook", "ringing", 
"forward", "disconnect", etc. Bytes 44-67 contain the actual PCM data bytes that 
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represent the voice signal. In this preferred data mapping, 3ms of PCM data is 
stored in each Ethernet packet. Bytes 68-72 are the CUDL (Channel Unit Data 
Link), and bytes 73-77 provide a cyclic-redundancy check (or CRC) for the entire 
data packet. The CRC is used to determine if there has been an error during packet 
5 transmission. 


Table 1 - PCM to Ethernet Mapping 

Bvtes 

Description 

0-5 

Destination MAC Address 

6-11 

Source MAC Address 

12-13 

Packet Type 

14-33 

IP Header 

34-41 

UDP Header . 

42 

Message Type 

43 

Signaling Information 

44-67 

PCM bytes (3 ms) 

68-72 

CUDL 

73-77 

CRC 


Turning back to Figure 2, extending out from the central office switch are a 
2 0 plurality of fiber-optic (or other type) connections 30, 32, which transport the voice 
and data packets to a plurality of remote cabinets 14, which are preferably located 
in closer proximity to a number of local users. In the embodiment shown in Figure 
2, one data fiber 30 and one voice fiber 32 are connected to each remote cabinet 14, 
thus providing the dual-pipelined structure. For redundancy purposes, an additional 
25 pair of fibers could also be connected between the central office switching 
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equipment 12 and the remote cabinets 14. Although it is possible to combine the 
data traffic flowing from the central office and back in a single fiber, in some cases 
there would also be a pair of return fibers for transmitting voice and data packets 
from the plurality of local users back to the central office equipment 12. If there are 
5 redundant fibers to these return fibers (as is common in the telecommunications 
industry), then the total number of fiber connections between the central office 
equipment 12 and a single remote cabinet 14 could be as many as eight fibers. 

In order to reduce the number of connections, wavelength-division 
multiplexing ("WDM") circuitry could be implemented between the central office 

10 and the remote cabinets. WDM multiplexes a plurality of different wavelengths onto 
a single optical fiber in order to increase the data carrying capacity of the fiber. In 
this manner, the eight previously mentioned connections could presently be reduced 
to two fibers each having four-way WDM processors on each end. In the future, 
these two fibers could be reduced to a single fiber with an eight-way WDM 

15 processor on each end. 

Located at each remote cabinet 14 is a standard Ethernet switch 34 and a 
plurality of Optical Interface Unit ("OUT) cards 38. There is one OIU card for each 
connection from the remote cabinet 14 to the one or more local ONU devices 16. 
Each OIU is preferably connected to an ONU via a single fiber connection 40. The 

2 0 Ethernet switching circuitry at the remote cabinet 14 switches the data and voice 
packets from the plurality of fiber connections 30, 32 from the central office 12 to 
one or more of the OIU cards 38 via dual-port connections 36, one port for voice and 
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the other for data. The OIU card 38 then multiplexes the dual-port data and voice 
packets onto a single connection for transport to the appropriate ONU 16. 

The system shown in Figure 2 preferably includes a plurality of ONU access 
devices 1 6 located near the premises of the local users. Although in some situations 
5 there may be one ONU per customer, such as with a mid-size or large business, or 
an apartment complex, in other situations multiple home users may share a single 
ONU access device 16. The purpose of the ONU access device 16 is to route the 
voice and data packets to the appropriate local user based upon the MAC address 
contained within the packets, and may also convert the data and voice packets into 

10 data and voice signals, or into other types of packets that are compatible with the 
user's communication devices. 

The ONU access device 16 typically includes a common card for supplying 
power and basic services to the ONU, and a plurality of service cards, such as POTS 
cards 44 ? which can typically provide eight POTS voice lines, and PC-Data cards, 

15 which can typically provide lObaseT lOMb/sec symmetrical data service. Other 
services could also be provided by the ONU. 

The connections 30, 32 between the one or more Ethernet switches 28 at the 
central office 12 and the one or more remote cabinets 14 are preferably 100BaseT 
lOOMb/sec fiber optic connections. Other high-speed connections using fiber optics, 

2 0 wireline, wireless, or other mediums could also be used for these connections. The 
connections 36 between the Ethernet switch 34 at each remote cabinet and the OIU 
cards are preferably lOBaseT connections, and the connections 40 between the 
remote cabinet and the one or more ONU access devices are preferably full-duplex 
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20 Mbps single fiber connections. Other high-speed connections using fiber optics, 
twisted-pair copper, coaxial, wireless, microwave, or other mediums could also be 
used for these connections. 

Turning for a moment to Figures 3 and 4, these figures show, respectively, 
5 graphs of typical voice 50 and data 60 traffic over time 54, 64 in the local loop (the 
x-axis 52, 62 in these graphs represents data rate in Mbps). As these graphs show, 
the voice traffic is relatively constant over time, whereas the data traffic is 
transmitted in "bursts," meaning that there are periods of very high demand for data 
and other periods of almost no demand. It is the high demand phase of the data 

1 0 graph that can make it difficult to simultaneously transmit high-quality voice signals 
along with the data over a single connection, which, in a packet environment, can 
lead to frame delay variation for the voice packets that may unacceptably degrade 
voice quality. Thus, a method and system are needed to ensure that the quality of 
the telephone conversations are not degraded during periods of high demand for data 

15 services. 

Turning back to Figure 2, the present invention meets this need by preferably 
segmenting the data and voice signals into separate pipelines for transport, and by 
prioritizing the delivery of voice packets between the OIU card 38, and the ONU 16. 
In this manner, high-speed data can be transported back and forth between the 
2 0 central office and the plurality of ONUs at the same time that high-quality phone 
conversations are transported. 

The voice packets that are flowing on fiber connections 40 between the ONU 
16 and the OIU 38 can be prioritized by knowing the type of service that each card 


06/22/2004, EAST Version: 1.4.1 


WO 99/66759 


PCTAJS99/14064 


in the ONU performs and by maintaining a buffer to store data that is received by 
each card. In the example system of Figure 2, the ONU 16 includes three service 
cards, two POTS cards for voice service, and a single high-speed data card for data 
service. Other configurations of the ONU with additional services are, of course, 
5 possible. The ONU is programmed to know that voice services are associated with 
the POTS cards, and therefore, it can be programmed to give priority to data that is 
stored in the incoming buffers associated with those cards. So, for example, if a 
large data file is being transmitted via the PC Data card 46, and a local user picks up 
their phone to place a voice call, the ONU will transmit the last data packet of the 
1 0 file currently being transmitted, but then it will give priority to the voice call, and 
will transmit the voice packets. This is generally acceptable to users, since a change 
in the frequency of data transmission for a large file is rarely noticeable, whereas a 
change in the frequency of data transmission for a voice signal will greatly erode 
sound quality. 

1 5 The same type of priority scheme is implemented at the OIU card 38. The 

OIU card 38 is connected to two ports 36 of the Ethernet switch 34, One port carries 
voice packets and the other carries data packets. The OIU multiplexes the packets 
from the two ports onto a single fiber connection 40, and gives priority to any voice 
packets. So, if there is data on the voice port, then that data is transmitted onto the 

20 fiber connection 40 first. If there is no data on the voice port, then the OIU 38 
checks whether any data is on the data port, and if so, it then transmits that data onto 
the single fiber connection 40. Although Figure 2 shows the dual-pipeline structure 
beginning at the central office 12 and ending at the one or more remote cabinets 14, 
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it could, alternatively exist all the way to the ONU device 16, in which case no local 
priority scheme would be required. 

One problem with implementing a packet voice network that interfaces to the 
public switched telephone network ("PSTN") is that the PSTN is a synchronous 
5 network, whereas a packet data network is inherently asynchronous. In present 
telephony access systems, DS-0 traffic must arrive at a constant rate that is 
synchronous to the clock of the local digital switch at the central office. A buffer 
could be used to absorb short term frame delay variations in the arrival rate of DS-0 
PCM bytes, but if the POTS cards are constantly sending data faster or slower than 

10 the local digital switch expects it, then the buffer will overflow or underflow 
periodically. DLC systems use a phase-locked loop to synchronize each element to 
the element it communicates with in a timing distribution chain. This technique 
does not work in a packet network because of the asynchronous nature of the 
switching ports. Accordingly a method of synchronizing voice data in a local-loop 

1 5 packet data network is needed. 

The present invention provides such a method, as follows. First, the time- 
synchronization information is derived from a local digital switch (such as via a TR- 
08 or TR-303 Class 5 digital switch interface, or some other type of switch) at the 
central office location on a periodic basis. The time synchronization information is 

2 0 then converted into a time synchronization packet. This time synchronization packet 
is then transported to a plurality of local access devices, such as the ONUs described 
in Figure 2. And finally, the time clock of the local access device is locked to the 
local digital switch using the data in the time synchronization packet. In this 
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manner, a completely asynchronous packet network can operate as a virtual 
synchronized network for purposes of voice packet transfer. This further enhances 
the perceived quality of the voice signals capable of transmission by the present 
invention. 

5 Figure 5 sets forth a more detailed block diagram of the packet conversion 

and switching circuitry located at the central office. This circuitry includes one or 
more DS-1 to Ethernet converters 70, a standard Ethernet switch 28, and an optional 
TR-303 processor 26. The DS-1 to Ethernet converters 70 (also shown as device 24 
in Figure 2) take each of the DS-0 PCM digital telephone links that form the DS-1 

1 0 link and converts the PCM voice signals into a plurality of packets according to the 
map shown in Table 1 , above. Other packet mapping tables could, alternatively, be 
used. The connections between the DS-1 to Ethernet converters 70 and the standard 
Ethernet switch 28 are preferably 100BaseT connections, and the connection 
between the call processor 26 and the switch 28 is preferably a lOBaseT connection. 

15 Not shown in this figure is the connection between the Ethernet switch 28 

and the one or more data information sources, such as an Internet connection. In 
some situations, the data from the data information sources may already be in a 
packet format that is compatible with the access distribution network of the present 
invention, in which case these packets could be simply routed to the Ethernet 

20 switch(es) 28 at the central office. In other situations, however, the data from the 
data information sources may be in a different packet format, or may be in some 
non-packetized form. In this situation, additional packet converters would be 
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required at the central office for converting these data sources into data packets that 
are compatible with the mapping protocol associated with the access network. 

The standard Ethernet switch 28 shown in Figure 5 routes the voice packets 
from the DS-1 to Ethernet converters 70 to the appropriate remote cabinets via fiber 
5 connections 32. Each of the DS- 1 to Ethernet converters 70 includes a TR-08 or TR- 
303 interface for connecting to a plurality of DS-1 links. The converters 70 
preferably convert active 64kbps PCM DS-0 links into Layer-2 Ethernet frames (or 
other types of Layer-2 switched frames) on 3ms intervals with no data compression. 
Alternatively, the converters 70 could convert the DS-0 links to Layer-3 or 4 frames, 

10 and could use other time intervals, and may, in some cases use compression. The 
conversion functionality of the DS-1 to Ethernet converters 70 provides a virtual TSI 
using Layer-2 Ethernet addressing, thus overcoming the inefficiency of bandwidth 
"chunking" associated with DLC TSI devices. In some situations, the voice signals 
may arrive at the central switch in a packetized format, and may already be 

15 compatible with the local loop packet network. 

Having described in detail the preferred embodiments of the present 
invention, including the preferred modes of operation, it is to be understood that this 
operation could be carried out with different elements and steps. This preferred 
embodiment is presented only by way of example and is not meant to limit the scope 

20 of the present invention which is defined by the following claims. 
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What is claimed: 

1 . A digital packet data network for transporting packetized voice and data 
signals in the local loop between a central office switch and a plurality of local users, 
wherein the data signals comprise data packets, comprising: 

5 a first converter located at the central office for converting the voice signals 

into packets; 

a second converter located remotely from the central office and in the 
vicinity of the local users for converting the voice packets into voice signals; and 
a packet-switched network connected between the first and second converters 
0 for transporting the voice and data packets to and from the plurality of local users. 

2. The digital packet data network of claim 1, further comprising: 

interface circuitry for coupling the first converter to information sources that 
provide the voice and data signals. 

5 ' 

3. The digital packet data network of claim 1, wherein the first converter converts 
the voice signals into a packet format having addressing that enables layer-2 
switching. 

0 4. The digital packet data network of claim 1, further comprising: 

a third converter located at the central office for converting the data packets 
into a format that is similar to the voice packets created by the first converter. 
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5. The digital packet data network of claim 1, wherein the packet switched network 
is an Ethernet data network. 

6. The digital packet data network of claim 5, wherein the packet switched network 
includes a plurality of Ethernet switching devices. 

5 

7. The digital packet data network of claim 6, wherein at least one Ethernet 
switching device is located at the central office, and at least one other Ethernet 
switching device is located remotely from the central office. 

10 8. The digital packet data network of claim 1 , wherein the packet switched network 
comprises a dual-pipelined network for separately transporting the voice and data 
packets. 

9. The digital packet data network of claim 1, wherein the voice and data packets are 
15 separately transported between the central office and the plurality of local users. 

10. The digital packet data network of claim 1, wherein the packet switched network 
comprises: 

at least one remote cabinet including a packet switching device; and 
20 a plurality of remote access devices coupled to the packet switching device 

and including the second converter. 
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11. The digital packet data network of claim 10, wherein the at least one remote 
cabinet includes two input ports for separately receiving voice and data packets from 
the central office. 

5 12. The digital packet data network of claim 1 1, wherein the at least one remote 
cabinet includes a plurality of interface unit cards that multiplex voice and data 
packets onto a single output. 

13. The digital packet data network of claim 12, wherein the single outputs of the 
interface unit cards are each coupled via a single fiber connection to a remote access 

0 device. 

14. The digital packet data network of claim 1, further comprising: 

means for synchronizing the converted voice signals at the second converter 
to a local digital switch at the central office. 

5 

15. The digital packet data network of claim 1, wherein the means for synchronizing 
comprises: 

means for deriving time-synchronization information from the local digital 
switch at the central office location on a periodic basis; 
0 means for converting the time synchronization information into a time 

synchronization packet; 

means for transporting the time synchronization packet to a user access 
device associated with the second convener; and 
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means for locking the time clock of the local access device to the local digital 
switch using the time synchronization packet. 

16. A local loop access network, comprising: 

5 a central telephony gateway coupled to a plurality of information sources; 

a remote telephony gateway coupled to a plurality of user access devices; and 
a digital packet data network connected between the central telephony 
gateway and the remote telephony gateway for transporting information between the 
plurality of information sources and the local access devices. 

o 

1 7. An access network for transporting voice and data signals between a plurality 
of local access devices and a central location, comprising: 

means for converting the voice and data signals generated by the local access 
devices into packets; 

5 packet network means for transporting the voice and data packets to the 

central location; and 

means for converting the voice and data packets transported by the packet 
network means into voice and data signals at the central location. 

0 18. A method of transporting voice and data signals in the local access loop, 
comprising: 

receiving voice and data signals at a central location; 

convening the voice and data signals into a common digital packet format; 
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transporting the voice and data packets to a plurality of local access devices 
using a digital packet switched network; and 

converting the voice and data packets into voice and data signals at the local 
access devices. 

5 

1 9. A dual-pipeline digital packet data access network for transporting voice and 
data signals between a central office switch and a plurality of local access devices, 
comprising: 

a packet converter located at the central office switch for converting voice 
1 0 signals and data signals into a common digital packet format; 

a voice packet pipeline connected between the central office switch and the 
plurality of local access devices for transporting the voice signals; and 

a data packet pipeline connected between the central office switch and the 
plurality of local access devices for transporting the data signals. 

15 

20. A method of time-synchronizing voice signals in a local loop digital packet 
network connected between a central office location and a plurality of user access 
devices, comprising: 

deriving time-synchronization information from a local digital switch at the 
2 0 central office location on a periodic basis; 

converting the time synchronization information into a time synchronization 

packet; 
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transporting the time synchronization packet to the plurality of user access 
devices; and 

locking the time clock of the local access device to the local digital switch 
using the time synchronization packet. 

5 

21. A packet network for transporting voice signals in the local access loop, 
comprising: 

a central telephony gateway located at a central office location for interfacing 
to a source of voice signal information; 
10 a plurality of remote telephony gateways located remotely from the central 

office for interfacing to a plurality of local user access devices; and 

a packet-switched network coupled between the central telephony gateway 
and the plurality of remote telephony gateways for transporting the voice signal 
information to and from the plurality of local user access devices. 

15 

22. The packet network of claim 21, wherein the central telephony gateway is 
further interfaced to a source of data signal information, and wherein the packet- 
switched network is further for transporting the data signal information to and from 
the plurality of local user access devices. 

20 
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